Abstract-Video streaming over wireless networks faces challenges of time-varying packet loss rate and fluctuating bandwidth. In this paper, we focus on streaming precoded video that is both source and channel coded. Dynamic rate shaping has been proposed to "shape" the pre-compressed video to adapt to the fluctuating bandwidth. In our earlier work, rate shaping was extended to shape the channel coded pre-compressed video, to take into account the time-varying packet loss rate as well as the fluctuating bandwidth of the wireless networks. However, prior work on rate shaping can only adjust the rate coarsely. In this paper, we propose "fine-grained rate shaping (FGRS)" to allow for bandwidth adaptation over a wide range of bandwidth and packet loss rate in fine granularities. The video is precoded with fine granularity scalability (FGS) followed by channel coding. Utilizing the fine granularity property of FGS and channel coding, FGRS selectively drops part of the precoded video and still yields decodable bitstream at the decoder. Moreover, FGRS optimizes video streaming rather than achieves heuristic objectives as conventional methods. A two-stage rate-distortion (R-D) optimization algorithm is proposed for FGRS. Promising results of FGRS are shown.
I. INTRODUCTION
Due to the rapid growth of wireless communication, video over wireless network has gained a lot of attention [1] - [3] . However, wireless network is hostile for video streaming because of its time-varying error rate and fluctuating bandwidth. Wireless communication often suffers from multi-path fading, inter-symbol interference, and additive white Gaussian noise, etc.; thus, the error rate varies over time.
In addition, the bandwidth of the wireless network is also time varying. Therefore, it is important for a video streaming system to address these issues.
Joint source-channel coding techniques [4] [5] are often applied to achieve error-resilient video transport with online coding. Given the bandwidth requirement, the joint source-channel coder seeks the best allocation of bits for the source and channel coders by varying the coding parameters.
However, joint source-channel coding techniques are not suitable for streaming precoded video. The precoded video is both source and channel coded prior to transmission. The network conditions are not known at the time of coding. "Rate shaping", which was called dynamic rate shaping (DRS) in [6] - [8] , was proposed to solve the bandwidth adaptation problem. DRS "shapes", that is, reduces, the bit rate of the single -layered pre source coded (pre-compressed) video, to meet the real-time bandwidth requirement. DRS adapts the bandwidth by dropping either high frequency coefficients of each block or by dropping several blocks in a frame.
To protect the video from transmission errors, source coded video bitstream is often protected by forward error correction (FEC) codes [9] . Redundant information, known as parity bits, is added to the original source coded bits, assuming systematic codes are adopted. Conventional DRS did not consider shaping for the parity bits in addition to the source coding bits. In our earlier work, we extended rate shaping for streaming the precoded video that is both pre source and channel coded [10] .
Such a scheme was called "baseline rate shaping (BRS)". BRS can be applied to precoded video that is source coded with H.263 [11] , MPEG-2 [12] , or MPEG-4 [13] scalable coding, and channel coded with Reed-Solomon codes [9] or rate compatible punctured convolutional (RCPC) codes [14] . By means of discrete rate -distortion (R-D) combination, BRS chooses the best state, which corresponds to a certain way to drop part of the precoded video, to satisfy the bandwidth constraint.
The state chosen by BRS however only allows for coarse bandwidth adaptation capability.
In this paper, we adopt MPEG-4 fine granularity scalability (FGS) [15] for source coding, and erasure codes [9] [16] for FEC coding. Unlike conventional scalability modes such as SNR scalability, MPEG-4 FGS generates a bitstream that is partially decodable over a wide range of bit rates. The more bits the FGS decoder receives, the better the decoded video quality is. On the other hand, it has been known that erasure codes are still decodable if the number of erasures is within the error/loss protection capability of the codes. Therefore, the proposed "fine-grained rate shaping (FGRS)", which is based on the fine granularity property of FGS and erasure codes, allows for fine rate shaping. Moreover, the proposed FGRS optimizes video streaming rather than achieves heuristic objectives such as unequal packet loss protection (UPP). A two-stage rate-distortion (R-D) optimization algorithm is proposed. Note that FGRS focuses on the transport aspect as opposed to the coding aspect of video streaming.
The two-stage R-D optimization is designed to find the solution fast and optimally. In Stage 1, a model-based hyper-surface is trained with a small set of rate and distortion pairs to approximate the relationship between all rate and distortion pairs. The solution of Stage 1 can be found in the intersection in which the hyper-surface meets the bandwidth constraint. In Stage 2, the near-optimal solution from Stage 1 is refined with the hill-climbing based approach. We can see that Stage 1 aims to find the optimal solution globally with the model -based hyper-surface and Stage 2 refines the solution locally.
This paper is organized as follows. In Section II, we introduce baseline rate shaping (BRS) for bandwidth adaptation of the precoded video, which is both scalable and FEC coded. Discrete R-D combination algorithm is applied to deliver the best video quality. In Section III, fine-grained rate shaping (FGRS) is proposed for streaming the FEC coded FGS bitstream. We first formulate the R-D optimization problem then provide a two-stage R-D optimization algorithm to solve the problem. In Session IV, experiments are carried out to show the superior performance of the proposed FGRS.
Concluding remarks are given in Section V.
II. BASELINE RATE SHAPING (BRS)
We propose to use "baseline rate shaping (BRS)" to reduce the bit rate of the precoded video, which is both source and channel coded, given the time-varying error rate and bandwidth. Unlike joint sourcechannel coding (JSCC) techniques that allocate the bits for the source and channel coders by varying the coding parameters, BRS performs bandwidth adaptation for the precoded video at the time of delivery.
BRS decision, as to select which part of the precoded video to drop, varies from time to time. There is no need to re-encode as JSCC with different source and channel coder parameters at later time with a different channel condition. Only a different BRS decision needs to be made for the same bitstream. In addition, rate shaping can be applied to adapt to the network condition of each link along the path of transmission from the sender to the receiver. This is in particular suitable for wireless video streaming, since wireless networks are heterogeneous in nature. One single joint source-channel coded bitstream cannot meet the needs of all the links along the path of transmission. Rate shaping can optimize video streaming for each link.
We start by giving the system description of BRS then provide the algorithm for R-D optimization.
A. System Description of Video Streaming with Baseline Rate Shaping (BRS)
Video streaming consists of three stages from the sender to the receiver: (i) precoding, (ii) streaming with rate shaping, and (iii) decoding, as shown in the following from Figure 1 to Figure 3 . The precoding process ( Figure 1 ) refers to source coding using scalable video coding [11] - [13] and FEC coding. Scalable video coding yields prioritized video bitstream. The concept of rate shaping works for any prioritized video bitstream in general 4 . Without loss of generality, we consider signal -to-noise-ratio (SNR) scalability. Reed-Solomon codes [9] are used as the FEC codes in this paper.
In Figure 2 , the pre source and channel coded bitstream is then passed through BRS to adjust its bit rate before being sent to the wireless network. BRS will perform bandwidth adaptation considering the given packet loss rate in a rate-distortion (R-D) optimized manner. The distortion here is described by mean square error (MSE) of the decoded video. Packet loss rate, instead of bit error rate, is considered since the shaped precoded video will be transmitted in packets.
The decoding process ( Figure 3 ) consists of FEC decoding followed by scalable decoding.
The task of rate shaping is performed in the sender and/or midway gateways/routers.
B. Discrete Rate-Distortion (R-D) Optimization Algorithm
BRS reduces the bit rate of each decision unit of the precoded video before it sends the precoded video to the wireless network. A decision unit can be a frame, a macroblock, etc., depending on the granularity of the decision. We use a frame as the decision unit herein. BRS performs two kinds of R-D optimizations with: (i) mode decision, and (ii) discrete R-D combination, depending on how much delay the rate shaping decisions can allow. We will discuss both mode decision and discrete R-D combination in the following.
1) BRS by Mode Decision
Let us consider the case in which the video is scalable coded into two layers: one base layer and one enhancement layer. These two layers are FEC coded with unequal packet loss protection (UPP). That is, Note that x counts from the base layer because the enhancement layer cannot be decoded without the base layer; y counts from the base layer because the base layer needs to be protected by parity bits more than the enhancement layer. The two integers x and y satisfy the relationship of 
2) BRS by Discrete R-D Combination
By allowing some delay in making the rate shaping decision, BRS can optimize video streaming with a better overall quality.By allowing some delay, we mean to accumulate the total bandwidth for a group of pictures (GOP) and to allocate the bandwidth intelligently among frames in a GOP. Video is typically coded with variable bit rate in order to maintain a constant video quality. We want to allocate different numbers of bits for different frames in a GOP to utilize the total bandwidth more efficiently.
Assume that there are F frames in a GOP and the total bandwidth budget for these F frames is C . Let ( ) i x be the state (represented by a pair of integers mentioned in the last subsection) chosen for frame i , and let
R , be the resulting distortion and rate allocated at frame i respectively. The goal of the rate shaper is to:
The discrete R-D combination algorithm [10] Figure 6 (c)) from the available total bandwidth budget.
The allocation process continues until the total bandwidth budget has been consumed completely. 
III. FINE-GRAINED RATE SHAPING (FGRS)
As mentioned, BRS performs the bandwidth adaptation for the precoded video by selecting the best state of each frame at any given packet loss rate. Since the packet loss rate and the bandwidth at any given time could lie in any value over a wide range of values, we want to extend the notion of rate shaping to allow for finer grained decisions. There then prompts the need for source and channel coding techniques that offer fine granularities in terms of video quality and packet loss protection, respectively.
Fine granularity scalability (FGS) has been proposed to provide bitstreams that are still decodable when truncated at any byte interval. That is, FGS enhancement layer bitstream is decodable at any rate provided with an intact base layer bitstream. With such a property, FGS was adopted by MPEG-4 for streaming applications [15] . 
A. System Description of Video Streaming with Fine-Grained Rate Shaping (FGRS)
Similar to BRS, there are three stages for transmitting the video from the sender to the receiver: (i) precoding, (ii) streaming with rate shaping, and (iii) decoding, as shown from Figure 8 to Figure 10 . Through MPEG-4 encoding, two layers of bitstream are generated: one base layer and one FGS enhancement layer ( Figure 7 ). We will consider hereafter the bandwidth adaptation and packet loss resilience for the FGS enhancement layer bitstream only, assuming that the base layer bitstream is reliably transmitted as shown in Figure 9 (b) or is considered by approaches outside the scope of this paper. The general rule is to perform enhancement layer bandwidth adaptation after the base layer is reliably transmitted. The enhancement layer bitstream will not enhance the quality of the video if its reference base layer is corrupted. Otherwise, a drift prevention remedy is needed.
Recalling that we use a frame as the decision unit, let us look at the FGS enhancement layer bitstream of a frame. FGS enhancement layer bitstream consists of bits of all the bit-planes of this frame. The most significant bit-plane (MSB plane) is coded before the less significant bit-planes until the least significant bit-plane (LSB plane). In addition, since the data in each bit-plane is variable length coded (VLC), if some part of a bit-plane is corrupted (due to packet losses), the remaining part of the bit-plane becomes un-decodable. Bits at the beginning of the enhancement layer bitstream of a frame is more important than the following bits.
Before appending the parity symbols to the FGS enhancement layer bitstream, we first divide all the symbols (in this paper each symbol consists of 14 bits) for this frame into several sublayers (Figure 11 (a) ). The way to divide the symbols into sublayers is arbitrary except that the later sublayers are longer in length than the previous ones, that is
, since we want to achieve UPP. A natural way to construct the sublayers is to let Sublayer 1 consist of symbols of the MSB plane, Sublayer 2 consist of symbols of the MSB-1 plane, …, and Sublayer h consist of symbols of the LSB plane. Each sublayer is then FEC encoded with erasure codes to the same length n ( Figure   11 (b) ). The lower portions of the stripes in Figure 11 (b) consist of the parity symbols. The precoded video is stored and can be used later at the time of delivery. and Yang et al [23] . That is, FGRS focuses on the transport aspect as opposed to the coding aspect.
Moreover, FGRS optimizes video streaming rather than achieves certain objectives. We will elaborate on the optimization algorithm taken later.
B. Fine-Grained Rate Shaping (FGRS)
With the precoded video, bandwidth adaptation can be implemented naively by dropping the symbols in the order shown in Figure 12 (a). Given a certain bandwidth requirement for this frame, Sublayer 1 has more parity symbols kept than Sublayer 2 and so on. Shaped bitstream with such a bandwidth adaptation scheme has UPP to the sublayers. We will refer to this method as "UPPRS" herein. However, such UPPRS scheme might not be optimal. We propose FGRS (Figure 12 (b) ) for bandwidth adaptation given the current packet loss rate. The darken bars in Figure 12 (b) are selected to be sent by FGRS. Since the precoded video is transmitted over error prone wireless networks, sublayers are subject to loss and have certain recovery rates given a particular rate shaping decision. The expected accumulated gain is then:
where h is the number of sublayers of this frame, and j v is the recovery rate of Sublayer j , which is a function of j r as will be shown later. Sublayer j is recoverable (or successfully decodable) if the number of erasures resulting from the lossy transmission is no more than = r has been made. Similar packetization method can be found in [22] , while [27] applied bit errors on the bitstream directly. The packets can be sent with "User Datagram Protocol (UDP)" [28] . It is assumed that any error in the packet will result in a packet loss.
More considerations on packetization can be found in UDP-Lite [29] . This paper focuses on rate shaping assuming the network condition is provided regardless of which specific packetization method is used.
1) Two-stage R-D Optimization: Stage 1
We can see from (3) and (4) s ' (9) where the left super index of G is the index of the training data, R is a matrix consisting Ξ rows of ( ) (8) can be seen as a second-order approximation to (3) . To reduce the computation complexity in reality, we can also choose a smaller h if the precoding process is also under our control (which is outside the scope of the rate shaper).
With (8) The near-optimal solution can be solved recursively using (11) and (12) The idea of allocating bandwidth optimally for sublayers can be extended to a higher level to allocate bandwidth efficie ntly among frames in a GOP. The problem formulation is slightly different from the original (6)- (7) as follows: 
where F is the number of frames in a GOP. FGRS will incur delay with duration of F frames if it allows for optimization among frames in a GOP.
To summarize, the proposed FGRS achieves the best streaming performance for FEC coded 
IV. EXPERIMENT
We start by describing the wireless network simulation for the experiment. We then compare the proposed FGRS with the naive UPPRS described in Figure 12 (a).
A. Experiment Setup
Wireless networks are generally with time-varying packet loss rate and fluctuating bandwidth. The packet loss rate and bandwidth vary at each time interval. We simulate random bandwidth fluctuation according to an autoregressive (AR) process [30] , and use a two-state Markov model [17] [18] to simulate the bursty bit errors. The two-state Markov model is also adopted by [31] [32]. "Good" and "Bad" in Figure 15 correspond to error free and erroneous states of a bit respectively. The bit error rate Since the coded bitstream is transmitted in packets, let us look at how the packet loss rate p e relates to the transition probability p and the bit error rate b e . With bit error rate b e , transition probability p , and packet size s , the packet loss rate of the s -bit packet is, (15) We observe two properties from (15) given the same bit error rate b e : (i) the smaller the transition probability p , the smaller the packet loss rate p e , and (ii) the smaller the packet size s , the smaller the packet loss rate p e . These two properties are shown in Figure 16 Besides the two properties we have just seen, it is also known that to detect the loss of packets, some information as the packet number has to be added to each packet. The smaller the packet is, the heavier the overhead is. Therefore, it is a trade-off between the selection of the packet size and the resulting packet loss rate. We use 280 = s (bits) in this paper. Users can select the packet size s according to real system consideration using (15) .
The time varying bandwidth is simulated pseudo-randomly according to an auto-regressive (AR) process. The bandwidth available at current time t is fed to FGRS optimization of time 1 + t , in order to simulate the delay nature of the network feedback. Such delay in feedback will not affect too much the performance since the bandwidth requirements of the two consecutive frames are closely related given the AR assumption. Example traces of simulated packet loss rate and bandwidth observed at the rate shaper are shown below. The packet loss rate is plotted using the line and the bandwidth is illustrated using the vertical bars. Each interval in the axis of time index represents 0.33 sec. The test video sequences are "akiyo", "foreman", and "stefan" in common intermediate format (CIF) (Figure 18 (a)-(c) ). The frame rate is three frames/sec. 
B. Experiment Result
Results for Sequence "akiyo" is shown in Figure 20 and Figure 21 . Results for Sequence "foreman" is shown in Figure 22 and Figure 23 . Results for Sequence "stefan" is shown in Figure 24 and Figure 25 .
The overall PSNR performance for all three test sequences are listed in Figure 26 and Table 1 . Results for different wireless channel conditions are shown in Figure 27 . From the frame-by-frame PSNR performance in Figure 21 , Figure 23 and Figure 25 , we see that the proposed FGRS provides superior results to UPPRS. Comparing performance with different sequences, the PSNR improvement of FGRS over UPPRS is the most significant in Sequence "akiyo", followed by Sequence "foreman" and "stefan". Sequence "stefan" is the most challenging one with the most complex scene and the highest motion. The source-coding rates of the FGS enhancement layer bitstream of "akiyo", "foreman", and "stefan" are 354.69 kbits/sec, 747.74 kbits/sec, and 975.70 kbits/sec. Hence, given the same amount of bits allocated by FGRS, the PSNR of Sequence "stefan" is the smallest among the three. Considering the gain in the Y component, FGRS yields 0.76 dB to 1.38 dB improvement compared to UPPRS as shown in Table 1 . To validate the performance of the proposed algorithm, the performance in terms of the overall PSNR of the Y components at various wireless channel conditions is shown in Figure 27 , where we consider a two-state Markov model at various speeds and SNR [17] . Figure 27 (a) shows the 3-D plots of the overall PSNR. At all wireless channel conditions, "fgrs" outperforms "upprs". gives the same bit error rate (BER) of the wireless channel. The higher the speed is, the more bursty the bit error of the wireless channel is. In other words, the larger the transition probability is. From the results, we see that the PSNR drops as the speed increases. The higher the transition probability is, the higher the packet-loss rate is, given the same bit error rate. Higher packet-loss rate has the effect of requiring more parity bits in the shaped bitstream, and higher probability of corrupting the packets that carries the shaped bitstream, thus, the PSNR value is lower. The novelty of the paper lies in three aspects. Although FGS has been proposed to provide fine granularity for pre-compressed video, none prior work has shown how to adapt the rate of the FGS bitstream that is protected by the FEC codes. Note that related work performs FEC encoding for the FGS bitstream at the time of delivery. Secondly, we formulate the FGRS problem as a R-D optimization problem, while the work by van der Schaar and Radha [22] is not optimized but is to achieve a certain target recovery rate. In addition, the distortion measure, which is called "gain" in the paper, is derived from the current packet loss rate in addition to the video characteristics. The gain is defined as the expected gain given the current packet loss rate. Prior work of DRS defines the distortion measure solely from the video characteristics. Thirdly, the R-D optimization problem is solved by the proposed two-stage R-D optimization algorithm, which can achieve the optimal solution fast. It is crucia l that optimization for video streaming is done in real time.
Future work includes considering the smoothness criterion in FGRS optimization as [33] to smooth the fluctuating PSNR resulted from the time-varying network conditions. Such fluctuation is not inherent from the FGRS algorithm. We can also investigate more the effect of outdated network information on FGRS, in addition to the simulation done in this paper by delaying the network bandwidth feedback. Moreover, deploying FGRS in a large network system, such as the "End System
Multicast (ESM)" [34] system, can be an exciting future research direction.
